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Abstract—Analog least mean square (ALMS) loop is a simple
and efficient adaptive filter to cancel self-interference (SI) in inband full-duplex (IBFD) radios. This paper proposes a practical structure and presents an implementation of the ALMS
loop. By employing off-the-shelf components, a prototype of the
ALMS loop including two taps is implemented. The prototype
is evaluated in IBFD systems which have 20 MHz and 50 MHz
bandwidths, respectively, with the carrier frequency of 2.4 GHz.
The performance of the prototype with different roll-off factors of
the transmit pulse shaping filter is also examined. Experimental
results show that the ALMS loop can provide 39 dB and 33 dB
of SI cancellation for the two systems, respectively. Furthermore,
when the roll-off factor of the pulse shaping filter changes,
different levels of cancellation given by the prototype are also
demonstrated accordingly. These experimental results validate
the theoretical analyses presented in our previous publications
on the ALMS loop behaviors.
Index Terms—In-band full-duplex, self-interference cancellation, adaptive filter, I/Q imbalance, and ALMS loop.

I. I NTRODUCTION
The sub-6 GHz spectrum will be more and more congested
as the Third Generation Partnership Project has indicated that
the fifth-generation (5G) new radio systems will operate in
this frequency band. In-band full-duplex (IBFD) technology
which allows transceivers to simultaneously transmit and receive on a single frequency band will be extremely useful
to enhance spectrum efficiency [1]. IBFD transmission is
also beneficial in collision-avoidance multiple access networks
by solving the problem of hidden terminals. Furthermore,
this new transmission technology helps to reduce round-trip
latency in multi-hop relay networks [2]. However, realization
of IBFD transceivers is challenging due to its fundamental
problem of self-interference (SI) as the strong signal emitted
from the transmitter blocks its co-located receiver from the
signal of interest. Therefore, great efforts have been devoted to
mitigate the SI to a level below the noise floor of the receiver.
Self-interference can be consecutively mitigated in the
propagation, radio frequency (RF) and digital domains [2].
Propagation domain methods aim to attenuate the level of SI
by strategically locating transmit and receive antennas [3]–[5],

or sharing one antenna by a circulator [6], [7]. Digital domain
approaches generate the cancellation signal by utilizing the
baseband transmitted data and channel state information to
subtract the digitalized residual SI after the Analog-to-Digital
converter [4]. As indicated in [8], RF domain cancellation is
the most important step. Generally, RF domain approaches
aim to generate a cancellation signal which mimics the SI
at the input of the receiver. Some typical examples of RF
cancellers are proposed in [9]–[12]. However, in most of
the adaptive cancellers, digital signal processing (DSP) is
required to calculate the weighting coefficients to modify the
phase and amplitude of the reference signal. The involvement
of DSP make these cancellers more complicated, especially
in IBFD multiple-input multiple-output systems [13]. Analog least mean square (ALMS) loop proposed in [14] is a
promising structure due to its simplicity and ability to achieve
significant SI cancellation without any DSP. The behaviors
of this adaptive filter were comprehensively investigated in
[8], [14]–[18]. It has been shown that the performance of the
ALMS loop depends on the transmitted signal properties and
the structure of the loop. Particularly, the roll-off factor of the
pulse shaping filter in the transmitter, the loop gain, the tap
delay and the number of taps in the loop determine the level of
cancellation given by the ALMS loop. However, these results
are all confirmed by simulations in MATLAB, rather than
by hardware experiments. In addition, although the ALMS
loop has a simple structure, its implementation using off-theshelf components is still a challenging task. For example, the
multipliers with a high conversion gain required in the loop
are not available for RF signals.
In this paper, a practical structure of the ALMS loop is
proposed and a prototype of the loop is implemented to
provide experimental results. The prototype includes two taps
for SI cancellation in IBFD systems with bandwidths of 20
MHz and 50 MHz respectively at the carrier frequency of
2.4 GHz. Experimental results show that 39 dB and 33 dB
of SI mitigation can be achieved by the prototype in the two
systems, respectively. From the parameters of the components

used in the prototype, the interference suppression ratio can be
determined by the formula provided in [8]. Combining with
the degradation factor given in [18], the practical results agree
with the theoretical results. The level of cancellation is also
measured with different roll-off factors of the pulse shaping
filter to confirm the analyses shown in [16]. Therefore, the
contributions of this paper are two fold. Firstly, it provides, for
the first time, experimental results to validate the theoretical
analyses in previous publications. Secondly, the implementation structure presented in this paper is proved to be useful
for future applications of the ALMS loop.
The remainder of this paper is organized as follows. In
Section II, the architecture and operations of the ALMS loop
are described. In Section III, the design and implementation of
the ALMS loop using off-the-shelf components are described.
In Section IV, experimental results are presented. Finally,
Section V concludes the paper.
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The architecture of the ALMS loop proposed in [14] is
depicted in Fig. 1. The ALMS loop is an adaptive filter which
generates a cancellation signal to cancel the SI in the received
signal at the input of the receiver. As analyzed in [7], SI
channel comprises the direct and reflection paths between the
transmit and receive antennas. Therefore, the ALMS loop is
a multi-tap structure whose each tap includes a delay line
Td , a simple resistor-capacitor (RC) low-pass filter (LPF) and
two quadrature multipliers. The delay line aims to create a
delayed version of the reference signal to mimic the multipath
components in the SI signal. At each tap, the amplitude and
phase of the delayed reference signal are modified at the
second multiplier by a weighting coefficient which is generated
from the first multiplier followed by an LPF. The outputs of
all the taps are combined together to generate the cancellation
signal y(t) which will be used to cancel the SI in the received
signal r(t). The residual signal d(t) is amplified by the lownoise amplifier (LNA) and looped-back to the first multiplier
in each tap.
To demonstrate the operations of the ALMS loop, we use
the signal models as follows. Assuming the IBFD radio is a
single carrier system, the modulated data symbols an , n =
−∞, · · · , ∞, are filtered by the root-raised cosine pulse shaping filter g(t) before up-converted to RF and amplified by the
power amplifier. The transmitted signal x(t) at the input of
the antenna is modeled as x(t) = Re{X(t)ej2πfc t } where fc
is the carrier frequency, and X(t) is the baseband equivalent
which can be described as
X(t) =

r(t)

y(t)
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Fig. 1: The ALMS loop structure.
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where E{.} stands for
0, for n 6= n0
ensemble
The average power of X(t) is defined
R Ts expectation.
1
2
as Ts 0 E{|X(t)| }dt = VX2 over 1 Ω load.
Due to the IBFD operation, the receive signal r(t) includes
the remote signal s(t), the SI z(t), and the additive Gaussian
noise n(t), i.e., r(t) = s(t) + z(t) + n(t). For theoretical
analysis, the SI channel is assumed to be a multi-tap filter as

i.e., E{a∗n an0 } =

o
n L−1
X

h∗l X(t − lTd ) ej2πfc t
z(t) = Re

(2)

l=0

where hl , l = 0, 1, · · · , L − 1, are the SI channel coefficients
and Td is the delay between adjacent taps. The cancellation
signal y(t) is combined from the L taps of the ALMS loop as
o
n L−1
X
wl∗ (t)X(t − lTd )ej2πfc (t−lTd )
y(t) = Re

(3)

l=0

where wl (t) is the complex weighting coefficient at the l-th
tap. The residual signal d(t) = r(t) − y(t) is amplified by the
LNA and looped-back to all the taps of the ALMS filter. As
shown in [14], the weighting coefficients wl (t) at the output
of the LPF obtained by
2µα
wl (t) =
K1 K2

Zt

e−α(t−τ ) d(τ )X(τ − lTd )ej2πfc (τ −lTd ) dτ

0

(4)
(1)

n=−∞

where Ts is the symbol interval and VX is the root mean
square amplitude of the transmitted signal. Noted that the
pulse
filter is assumed to have unit power, i.e.,
R Tsshaping
1
2
T s 0 |g(t)| dt = 1. In addition, we assume that the
transmitted data symbols an are independent of each other,

where α is the decay constant of the RC LPF (α = 1/RC), K1
and K2 are the dimensional constants of the first and second
multipliers, respectively, and 2µ is the gain of the LNA. The
dimensional constant Ki of a multiplier is determined by its
input voltages vi1 , vi2 and its output voltage vo as
vi vi
Ki = 1 2 ,
(5)
vo
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Fig. 2: A practical structure of the ALMS loop.

i = 1, 2. As analyzed in [8], when LTd is sufficiently large, the
level of cancellation will approach the following interference
suppression lower bound (ISRLB)
√
1 + β( a + 1 − 1)
(6)
ISRLB =
(1 + a)2
V2

where a = µ K1XK2 TTds and β is the roll-off factor of the pulse
shaping filter. Eq. (6) shows that the performance of the ALMS
loop depends on the loop gain, the tap delay, the number of
taps and the roll-off factor of the pulse shaping filter. Since the
relationship between the tap delay (Td ) and the number of tap
L is a trade-off, i.e., smaller Td requires larger L, high-gain
multipliers are required to achieve lower ISRLB.
III. I MPLEMENTATION OF ALMS LOOP
In this section, we propose a practical structure of the
ALMS loop using discrete components. Although the ALMS
loop structure is simple, it is still challenging to be implemented using off-the-shelf components. In particular, the highgain quadrature multipliers in the ALMS loop are unavailable
in the RF range. Therefore, instead of using these ideal
multipliers, quadrature demodulators and modulators can be
used. Unlike ideal multiplier which can accept any signal in its
frequency range, a modulator/demodulator normally requires
a single tone with a stable amplitude as a local oscillation
(LO) signal. In addition, the multipliers in the ALMS loop
are assumed to have a high conversion gain which is normally
not applicable for modulators/demodulators. Therefore, when
a modulator and demodulator are used in the ALMS loop, the
reference signal should be provided to their LO ports. Then,
a variable gain controlled amplifier is used at these ports to
ensure the level of LO signal. The low conversion gain of the
modulator/demodulator can be compensated by an amplifier
after combining all the outputs of the taps.
As can be seen in Fig. 1, many power splitters are required
to split and combine signals. Therefore, Wilkinson dividers are
used for both splitters and combiners. The subtractor at the
input of the receiver can also be implemented by a Wilkinson

Fig. 3: Prototype of the ALMS loop and a part of the receiver.
divider with a phase shifter which make an 180 degree phase
shift to the cancellation signal. However, one problem with the
Wilkinson divider is that it is a lossy component. Therefore,
a variable gain amplifier should be used at the input of the
RF port of the demodulators to compensate this loss. The
implementation structure of the 2-tap ALMS loop is presented
in Fig. 2. Due to the presence of some extra components, the
loop gain of this structure now can be calculated as
2
VLO
GO
(7)
K1 K2
where VLO is the root-mean square amplitude of the reference
signal at the LO port of the modulators and demodulators and
GO is the power gain of the amplifier at the output of the
cancellation circuit after compensating the losses of the phase
shifter and the power combiner. Therefore, the interference
suppression ratio, denoted as ISR, given by the prototype
can be expected to be

G=µ

ISR ≤

(1 + a0 )2
√
1 + β( a0 + 1 − 1)

(8)

where a0 = G TTds . Note that ISR here is defined as the ratio
between the power of SI signal without cancellation and that
of the residual SI after cancellation.
The prototype of the ALMS loop is designed and fabricated
on Roger 4350B printed circuit board material with all surface
mount devices as shown in Fig. 3. Since this prototype is
implemented to demonstrate the ALMS loop and validate the
theoretical results, it is designed in a versatile form so that
it can have one to four taps. The amount of delay for each
tap can also be changed by cascading multiple delay lines.
Therefore, the size of the prototype is 20 cm × 13 cm. In
fact, when the ALMS loop is optimized for a specific IBFD
system, its size will be much smaller. The dimension of the
ALMS loop can be further minimized by manufacturing in
analog integrated circuits (IC).
Detailed descriptions on components of the ALMS loop are
provided as follows. The delay line of the second tap is chosen
as Td = 4 ns (DL4 RN2 Technologies). The demodulator

(Analog Devices ADL5382) and the modulator (ADL5373) are
selected for the first and the second multipliers, respectively,
because they both are quadrature structure with differential
output/input for the ease of interfacing. In addition, these
components have a very small level of I/Q imbalances which
are less than 0.3 degree and 0.07 dB. Therefore, according to
[18], the level of cancellation will only degrade by about 0.3
dB (cf. Fig. 6 in [18]). Both ADL5382 and ADL5373 require
0 dBm of the LO signal so that VLO is calculated as
p
p
VLO = 2PLO R = 2 × 10(0+17−30)/10 = 0.3166 V, (9)
where 17 dB is added to convert the power with a 50 Ohm
load to that of an 1 Ohm load. From the datasheet of the
ADL5382, its conversion gain is 3.5 dB at 2.4 GHz if PLO = 0
dBm. Hence, the dimensional constant K1 can be calculated
as K1 = 0.3166/10(3.5/20) = 0.2116 V. In case of ADL5373,
the output power will be 5 dBm if the baseband voltage input
is 1.4 V and PLO = 0 dBm. Therefore, K2 is found as
1.4 × 0.3166
= 0.7873 V
(10)
K2 = √
2 × 10(5+17−30)/10
All the power splitters/combiners are Anaren
PD2328J5050S2HF which have only 0.5 dB insertion
loss. The phase shifter MACOM MAPS-010143 is used along
with a power combiner to form the subtractor. The variable
gain amplifier (VGA Analog Devices ADL5330) is used
since its gain can be changed by a controlled voltage which
is adjusted by a potentiometer. The ADL5330 at the output
of the cancellation circuit is set to have 22 dB gain. Due to
the losses caused by the power combiner (0.5 dB) and the
phase shifter (4.5 dB), GO is 17 dB.
Fig. 3 also depicts a part of the receiver with the power
combiner of the subtractor and an LNA (MACOM MAAL 011078) which can provide 22 dB gain at 2.4 GHz. After the
LNA, a power divider is used to provide the loop-back signal
and residual SI signal for measurements. Since the power
splitter causes a 0.5 dB loss at each output, the LNA gain in
the loop is 21.5 dB, i.e., µ = 5.9425. From these parameters
and Eq. (7), we can determine the loop gain of the prototype
as G = 20.1.
IV. M EASUREMENT RESULTS
A. Measurement setup
In order to evaluate the performance of the prototype, a
measurement test is set as shown in Fig. 4. An arbitrary waveform generator (Keysight M8190A) is used as a transmitter.
Since one channel of the M8190A has two outputs which
can generate the same signals. One of them can be used for
the transmitter, and the other one is used for the reference
signal. In all tests, the QPSK modulated symbols are passed
through the root-raised cosine pulse shaping filter and then
up-converted to the 2.4 GHz carrier frequency. The power of
the transmitted signal is set at the highest level of -7.75 dBm.
A 2.4 GHz rod antenna is connected diretly to one output of
the M8190A while the other port provides the reference signal
for the cancellation circuit. The receive antenna is held on a

Fig. 4: The measurement setup.
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Fig. 5: Measurement results for 20 MHz bandwidth.

holder and located at a distance of 75 mm to the transmit
antenna. Since the cancellation circuit and the receiver are not
electromagnetically shielded, they are located away from the
transmitter to reduce the interference to their microstrip lines.
The signal from the receive antenna is connected to one
port of the power combiner, while the cancellation signal is
connected to the other port. After subtraction, the residual
signal is amplified by the LNA and fed into a power splitter
which provides the loop-back signal to the cancellation circuit.
The other port of the power splitter is connected to the signal
analyzer (Keysight PXA N9030A) for measurements.
B. Measurement Results
The first measurement is conducted with 20 MHz transmit
signal so that the data symbol period is set at Ts = 62.5 ns
(i.e., β = 0.25). Fig. 5 shows the level of cancellation given by
the prototype in this case. Marker 1 indicates the difference
between the 20 MHz-band power measured at 2.4 GHz of
Trace 1 and that of Trace 2. Clearly, 39.23 dB of cancellation
is achieved by the prototype.
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Fig. 6: Measurement results for 50 MHz bandwidth.

In the second test, the transmitter is set to 50 MHz bandwidth, i.e., Ts = 25 ns. The results of this test are depicted in
Fig. 6. We can see that 32.91 dB of cancellation is achieved
in this case.
These experimental results are useful to validate the theoretical result presented in [8] and [18] as follows. From the
symbol period of the two systems, the parameter a0 is 314.06
and 125.625 in the 20 MHz and 50 MHz systems, respectively.
Hence, the maximum level of ISR expected by the ALMS
loop calculated from Eq. (8) in these two cases are 42.82
dB and 36.53 dB, respectively. When I/Q imbalances of the
demodulators and modulators are considered, the maximum
levels of cancellation will degrade by about 0.3 dB [18], i.e.,
42.52 dB and 36.33 dB, respectively. This means that the level
of cancellation in the prototype is about 3 dB lower than
these analytical maximum levels. This is justifiable because
the maximum level of cancellation can only be achieved when
the number of taps and tap delay in the loop satisfy that LTd
is very large.
In the last test, the effect of transmitted signal on the ALMS
loop performance is evaluated. The roll-off factor of the pulse
shaping filter in the transmitter is configured with different
values while the symbol period of the transmit data is fixed
at Ts = 62.5 ns. Fig. 7 depicts the results of the third test.
Measurement results show that the level of cancellation is
39.23 dB, 38.10 dB, and 37.0 dB when the roll-off factor
is 0.25, 0.5, and 0.75, respectively. The decrease of ISR with
increased roll-off factor confirms the analyses shown in [8]
and [16].
V. C ONCLUSION
This paper presents a practical structure and implementation of the ALMS loop using off-the-shelf components. The
measurement results show that 39.23 dB and 32.91 dB of
SI mitigations can be achieved by the prototype for IBFD
systems with 20 MHz and 50 MHz bandwidths, respectively.
The experiment with different values of roll-off factor of the

Fig. 7: Cancellation performances with different roll-off factors.

transmit pulse shaping filter also proves that the level of
cancellation is affected by the transmitted signal property as
analyzed in our previous publications. The proposed ALMS
loop implementation structure provides a useful practical
solution for future IBFD communication applications. Our
future works include prototyping for IBFD systems with wider
bandwidths and higher transmit powers, as well as developing
a complete IBFD system.
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